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Measuring different acoustical properties have been the key in reducing noise and 
improving the sound quality from various sources. In this report, a broadband (200 Hz – 
6.5 kHz) three-dimensional seven-microphone intensity probe system is developed to 
measure the sound intensity, and total energy density in different acoustical 
environments. Limitations of most commercial intensity probes in measuring the three-
dimensional intensity for a broadband sound field was the main motivation in developing 
this probe. The finite-difference error and the phase mismatch error which are the two 
main errors associated with the intensity measurements are addressed in this  report. 
As for the physical design, seven microphones were arranged in a two-concentric 
arrays with one microphone located at the center of  the probe. The outer array is for low-
frequencies (200 Hz – 1.0 kHz), and the inner one is for  high-frequencies (1.0 kHz – 6.5 
kHz). The screw adjustable center microphone is used for the microphone calibration, 
and as the reference microphone of the probe. The simultaneous calibrations of all the 
 vii
microphones in the probe were done in the anechoic room. Theories for the intensity and 
the energy densities calculations for the probe were derived from the existing four-
microphone probe configuration. Reflection and diffraction effects on the intensity 
measurements due to the presence of the microphones, and the supporting structures were 
also investigated in this report. Directivity patterns of  the calculated intensity showed the 
omnidirectional nature of  the probe. 
The intensity,  and total energy density were calculated and compared with the 
ideal values in the anechoic room environment. Characterization of sound fields in a 
reverberant enclosed space, and sound source identification are some applications that 
were investigated using this probe. Results of different measurements showed 
effectiveness of the probe as a tool to measure key acoustical properties in many practical 
environments. 
 viii
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Chapter 1:  Introduction 
 
1.0 MOTIVATION 
Precise measurement of acoustical quantities in different environments has been 
the key in improving sound quality and in reducing acoustical noise from various sources. 
Acoustic intensity is a key acoustic quantity, generally used in characterizing a sound 
field. The main objective of this dissertation research is to develop a three-dimensional 
probe to calculate the acoustic intensity from the pressure and the particle velocity 
measurements. 
Sound intensity is defined as the rate of energy flow at a point in space through a 
unit area. By definition, the instantaneous sound intensity is the product of the 
instantaneous acoustic pressure and the instantaneous particle velocity [1].So, a sound 
intensity measuring device needs to incorporate transducers to measure both the pressure 
and the particle velocity. The particle velocity is calculated from the pressure difference 
between the two microphones, and is used for the intensity, energy densities, and 
impedance measurements.  
Most one-dimensional sound intensity probes use two identical microphones in a 
face-to-face configuration.
 
However, these systems have these inherent problems 
associated with their designs [2, 3, 4]:  
• microphone phase mismatch error (when spacing between the 
microphones is very small, the physical phase difference can be masked 
by the instrumentation phase error. This increases the overall probe error. 
This error is defined and explained in Section 3.3), 
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•  pressure measurement errors due to a misalignment between the two 
microphones, and 
• limitations in a multi-dimensional vector measurement from the 
directional characteristic of a two-microphone system. 
 
A two-microphone system can be used for three-dimensional measurements by 
rotating it around the sound source. The scanning process needs an extra device in 
addition to the probe. This need of an extra device prompted researchers to develop a 
three-dimensional intensity probe. Several three-dimensional intensity probes have been 
proposed and implemented to address concerns associated with the two-microphone 
system. These probes vary in their geometrical configurations, use different types of 
microphones, and have different applications. One of the configurations is the four-
microphone tetrahedral configuration is first used by Moryl [5] to measure the energy 
density, and then was used by Poterek [6] to measure the intensity vectors. A commercial 
system (model: Tetra-phone MI-6420) made by a Japanese Company, Ono Sokki is also 
based on this configuration. 
 
Two commercial six-microphone intensity probes of 
different configuration were developed by the two different Companies, Brüel & Kjaer 
and GRAS, can be used to calculate the intensity vectors in a 3-D space [7].
 
The seven-
microphone two-concentric array intensity probe developed in this report is the modified 
version of the four-microphone tetrahedral configuration used by Poterek [6]. The center 
microphone of the four-microphone tetrahedral configuration is used as the reference mi-
crophone of the probe. The difference between these configurations lies in methods for 
estimating the sound pressure at the center of the probe. The six-microphone 
configuration estimates the center pressure by averaging sound pressures from the 
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surrounding microphones while the four-microphone configuration directly measures the 
center pressure from the reference microphone [8, 9].  
The effective spacing between the two microphones of an intensity probe has 
significant impact on the intensity measurements in broadband sound fields. The sound 
field around the microphones in a probe due to effects of diffractions and reflections from 
the microphones and the supporting structure can distort measurements, especially for 
closely spaced microphones with a large overall dimension. Microphone spacing in the 
probe has major effect on the finite-difference approximation error, especially at high 
frequencies where the signal wavelength must be large compared to the spacing between 
the two microphones. The four-microphone configuration used by Schumacher [10]
 
for 
the acoustic energy density measurements has microphones arranged in a concentric 
array with one microphone at the center of the probe. The spacing between the 
microphones of the probe is fixed for measurements regardless of the frequency band of 
the sound field. This system works well for the frequency range of 300 Hz to 3.0 kHz, but 
needs spacing adjustment between the microphones to work with sound fields of a wide 
frequency band (200 Hz – 6.5 kHz). Both the four-microphone and the six-microphone 
configurations mentioned above need spacing adjustment for measurements involving 
sound source with a wide frequency band (200 Hz – 6.5 kHz). The six-microphone 
configuration has face-to-face microphone orientation, and is not suitable for many 
source localization applications without a peripheral rotating device.  
In this dissertation research, the design and implementation of a seven-
microphone three-dimensional intensity probe arranged in a two-concentric array are 
discussed. An inner array and an outer array together form the two-concentric array of the 
proposed probe. The inner array is for the high-frequency (1.0 kHz − 6.5 kHz), and the 
outer array is for the low-frequency (200 Hz – 1.0 kHz) measurements. This design does 
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not require any spacing adjustment during measurements. Microphones with a small 
dimension (0.25 inch in diameter) were used in a side-by-side configuration to reduce 
potential adverse effects due to the diffraction and reflection off the sensors. A screw 
adjustable center microphone was used for the calibration, and for the measurement of 




Acoustic intensity,  and total energy density were all measured and calculated 
using the intensity probe developed in this study. One of the applications of the intensity 
probe discussed in this report is the acoustic source direction identification. 
Measurements were made in an anechoic chamber, and in a reverberation room for  the  
calibration and evaluation of the probe. 
In an acoustic environment, information about the direction and the pressure 
amplitude of a sound radiating source play an important role in many applications such as 
identifying speakers; steering microphones and video cameras in a conference room; 
noise cancellation in automobiles and in airplanes; tracking movements of sound 
radiating sources; and so on.  Rating different household utilities (vacuum cleaner, 
refrigerator, microwave oven, heating and cooling units, etc) based on their respective 
noise level can also use the source direction information. Directional characteristics of 
this proposed intensity probe can be used in various source localization applications, both 
in anechoic and in reverberation environments. Source localization using the intensity 
probe is the subject of the future work.  Improvements in signal-to-noise ratio, channel 
estimation, reduction of adverse effects due to the presence of other sources in a sound 
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field are some areas where the proposed three-dimensional intensity probe can also be 
used.  
 
1.2 GOALS AND OBJECTIVES 
 
The main objective of this dissertation research is to design, build and evaluate a 
three-dimensional acoustic intensity probe. Particular goals and objectives are, 
• to develop a seven-microphone probe to measure intensity vectors in a 
three-dimensional space, 
• to keep the microphone configuration and the supporting structure simple 
and small, in order to reduce adverse effects due to reflections and 
diffractions off the structure, 
• to develop a simultaneous calibration method for the microphones of the 
system, 
• to keep the sensitivity mismatch among the microphones less than 1.0 dB 
for the broad frequency band  of 200 Hz  to  6.5 kHz, 
• to measure the intensity, total energy density, impedance, and probe 
frequency response for a broad frequency band (200 Hz – 6.5 kHz) , and 
• to measure directivity patterns of the probe. 
 
1.3 OUTLINE OF THIS REPORT 
This report encompasses the physical design, calibration methods, error analysis, 
measurements of different acoustical quantities, and performance evaluations of the 
probe. Equations, charts, illustrations, and figures are used to present and to clarify key 
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concepts and results. Careful considerations are given in preserving continuation among 
subsequent chapters, and sections.   
Chapter 2 provides sufficient background of the intensity measurements, and 
describes some previous studies of the development of different three-dimensional 
acoustic probes. Limitations of the existing probes and motivations of this research are 
also discussed in this chapter.   
 Different aspects of the physical probe design are described in Chapter 3. Sensor 
size, orientation, and configuration are also explained with the aid of schematics and 
plots. 
Chapter 4 discusses inherent systematic errors due to design imperfections; the 
center (origin) microphone calibration; the plane wave justification in the anechoic 
chamber; diffraction and reflection effects of the probe structures on the center 
microphone calibrations; and effects of probe orientations on the center microphone 
pressure measurements. 
Theories and principles used in the intensity, and the energy densities calculations 
are described in Chapter 5.  
Chapter 6 focuses on the analysis of the intensity, energy densities, and probe 
frequency response measurements. Characteristics of sound fields in a reverberation 
room, directivity pattern, and source direction identification in an anechoic chamber 
using the newly developed intensity probe are also discussed in this chapter.  
 Chapter 7 wraps up this report with conclusions, limitations of the probe, and 
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Chapter 2:  Previous Work 
 
2.0 2-D PROBES AND THEIR LIMITATIONS 
 
The main objective of this dissertation report is to develop a probe that can be 
used to measure the sound intensity vectors, given a sound source. The two-microphone 
intensity probes have been around for the past few decades, and are very useful in 
measuring sound intensity vectors in a sound field [1, 2] . The main drawback of any 
two-microphone intensity probe is its limitation in characterizing sound fields in a three-
dimensional space. The two-microphone systems are inherently one-dimensional in 
nature. These systems require physical scanning (or rotating) around the source to 
estimate sound fields and to map vector intensity fields in a three-dimensional space. This 
scanning process requires additional hardware and software, and is not always feasible 
considering some difficult to reach sound sources in a 3-D space. As an example, 
different industrial machines placed on a manufacturing floor have different acoustic 
signatures. Identifying those signatures in the presence of other acoustic sources using 
only a two-microphone intensity measuring device is very difficult and often unreliable.   
To address this limitation in the intensity measurement, a sound intensity probe 
for the direct measurement of acoustical properties in the 3-D sound fields have been 




2.1 3-D  INTENSITY  PROBES  AND  THEIRS  LIMITATIONS 
 
Sound intensity is a vector quantity with a magnitude and a direction. The 
intensity vectors in a three-dimensional space can provide very useful information of a 
sound field.  The multi-dimensional vector intensity measurements not only provide 
relatively accurate magnitude information but also directions to the radiating sound 
source in a sound field regardless of its direction. One dimensional probe can only 
calculate intensity if it is pointed toward the source and still can not provide useful 
information about the source direction. This is one of the major advantages of a 3-D 
intensity probe over a two-microphone system. Due to this advantage, different three-
dimensional intensity probes have been developed and used in sound source localization 
applications [11]. The sensitivity mismatch error and the phase mismatch error are 
inherent to every acoustic intensity measuring system, regardless of their dimensions (2-
D or 3-D), and the number of microphones in the system [3, 4, 5, 6, 7].  
Multi-microphone three-dimensional intensity probes of different sizes, 
orientations, and measurement techniques have been developed over the past two 
decades. All of them focus on various applications and have various limitations. One 
common requirement of these devices is the adjustment of the microphone spacing 
relative to each other for measurements in a wide band sound field.  
One of the widely used commercial three-dimensional intensity probes was 
developed and manufactured by Brüel & Kjaer [8]. This intensity probe has six 
microphones arranged in an orthogonal configuration and are connected to each other 
through spacers for efficient frequency ranges. In this probe, the sound pressure at the 
center is estimated from the surrounding microphones. In this design, the spacers, the 
microphones, and the supporting structure can have potential adverse effects on 
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measurements due to diffractions and reflections, which can limit the useful maximum 
frequency  up to about 5.0 kHz.  
The estimated center pressure from the surrounding microphones could add additional 
error in the calculations of the particle velocity, intensity, and related acoustic quantities.  
Another commercial 3-D six-microphone intensity probe developed by GRAS [9] has the 






(a)                                                (b) 
Figure 2.1: (a) B&K Type 5356 six-microphone 3-D Intensity probe [8], (b) GRAS 3-D 




A 3-D intensity probe has four microphones in a side-by-side tetrahedral array 
arrangement with one microphone is located at the center of the probe. This four-
microphone intensity probe system was first developed by Dr. Elmer L. Hixson and used 
by his then graduate students from the University of Texas at Austin. [10, 12, 13]. 
Several upgrades in the data acquisition and in the measurement techniques were made in 
that four-microphone probe  for improved performance. Later, a Japanese Company, Ono 
Sokki has developed a similar four-microphone 3-D intensity probe for the commercial 
purpose (see Figure 2.2) [10, 11]. One of the benefits of this four-microphone 
configuration is the presence of a center microphone to measure center pressure directly. 
Like the other 3-D probes discussed earlier, one of the disadvantages of this four-
microphone probe is the need to adjust microphone spacing to accommodate a wide band 







Figure 2.2:  Ono Sokki four-microphone three-dimensional intensity probe [11]. 
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The seven-microphone 3-D intensity probe designed and developed in this 
dissertation research is similar to the four-microphone configuration discussed in the 
previous paragraph. The main difference between the newly developed intensity probe 
and the existing probes is the arrangement of the microphones in a two-concentric array 
in the probe. This arrangement can cover a sound field of a wide frequency band (200 Hz 
– 6.5 kHz) without the need of any spacing adjustment between the microphones during 
measurements (see Figure D.1 in the Appendix). A calibration technique for 



















[1] F. J. Fahy, “Measurements of acoustic intensity using the cross-spectral density of 
two microphone signals,” J. Acoust. Soc. Am., vol. 62, pp. 1057-1059, 1977. 
[2] M. P. Waser and M. J. Crocker, “Introduction to the two-microphones cross-
spectral method of determining sound intensity,” Noise Control Eng. J., vol. 22, 
pp. 76-85, 1984. 
[3] P. S. Watkinson, “The practical assessment of errors in sound intensity 
measurement,” J. Sound Vib., vol. 105, pp. 255-263, 1986. 
[4] J. Y. Chung, “Cross-spectral method of measuring acoustic intensity without error 
caused by instrument phase mismatch,” J. Acoust. Soc. Am., vol. 64, pp. 1613-
1616, 1978. 
[5] G. Krishnappa, “Cross-spectral method of measuring acoustic intensity by 
correcting phase and gain mismatch errors by microphone calibration,” J. Acoust. 
Soc. Am., vol. 69, pp. 307-310, 1981. 
[6] T. Yanagisawa and N. Koike, “Cancellation of both phase mismatch and position 
errors with rotating microphones in sound intensity measurements,” J. Sound Vib., 
vol., 113, pp. 117-126, 1987. 
[7] J. K. Thompson and D. R. Tree, “Finite Difference approximation errors in 
acoustic intensity measurements,” J. Sound Vib., vol. 75, pp. 229-238, 1981. 
[8] E. Fredriksen and O. Schultz, “Pressure microphones for intensity measurement 
with significantly improved phase properties,” In Brüel & Kjaer Technical 
Review, no. 4-1986, Brüel & Kjaer, Naeurm, Denmark, pp. 11-23, 1986.  
[9] G.R.A.S. Sound & Vibration, “Vector Intensity Probe Type 50VI”, Product Data 
and Specification sheet, Holte, Denmark, 2002. 
[10] J. A. Moryl and E. L. Hixson, “A total acoustic energy density sensor with 
applications to energy density measurement in a reverberation room,” 
Proceedings of Inter-Noise, vol. 87, pp. 1195-1198, 1987. 
[11] M. Suzuki, H. Anzai, S. Oguro, and T. Ono, “Performance evaluation of a three-
dimensional intensity probe,” J. Acoust. Soc. Jpn (E), vol. 16, pp. 233-238, 1995. 
 
 14
[12] M. Schumacher, “A transducer and processing system for acoustic energy density 
sensing in one-dimensional sound fields,” Master’s thesis, The University of 
Texas at Austin, 1984. 
[13] T. J. Poterek, “Energy density analysis of acoustic intensity,” Master’s thesis, The 




Chapter 3: Design of the Intensity Measuring System 
 
3.0 PHYSICAL DESIGN OF THE PROBE 
 
The acoustic intensity measuring system discussed in this report is developed in 
the Acoustics Research Laboratory at the University of Texas at Austin. This system has 
three major components: a microphone array with an interface analog circuit, a data 
acquisition device, and a personal computer with a custom signal processing software. A 
block diagram of the system is shown in Figure 3.1.  
 
 
3.1 MICROPHONE SPACING AND ORIENTATION 
 
3.1.1 Microphone Spacing 
The three-dimensional intensity probe developed in this dissertation research 
consists of seven microphones. Six microphones are arranged in a two-concentric array 
(Figure 3.2) with one microphone located at the center of the probe. The center 
microphone is used as the reference microphone of the system. The inner array is for the 
high-frequency (1.0 kHz − 6.5 kHz) measurements, with an effective spacing between 
the reference and each of the three microphones is 18 mm. The outer array is for the low-
frequency (200 Hz − 1.0 kHz) measurements, with an effective spacing between the 
reference microphone and each of the three microphones is 80 mm. The reference 
microphone can be moved either in forward or in backward direction along the probe axis 
by adjusting a screw. Microphone effective distances were selected to keep finite-
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difference approximation error to a minimum. The relationship between the microphone 
effective spacing and the finite-difference approximation error of the probe is discussed 
later in this chapter. The center reference microphone can be adjusted to any of the three 
different positions: measurement position, low-frequency calibration position, and high-
frequency calibration position (see Figure 3.7). The purpose of the center microphone 
adjustment for calibrations positions is to  place all the microphones of each array in a 
























Figure 3.2: Intensity probe: seven microphones arranged in a two-concentric array along 
the three axes (x, y, and z) with a reference microphone at origin of the 






3.1.2 Microphone Orientation 
A side-by-side microphone configuration (Figure 3.2) was chosen for the seven-
microphone intensity probe design to minimize diffractions and reflections off the 
structures. 
 
3.1.3 Microphone Selection 
 
Each microphone of the probe is an omnidirectional Electret condenser 
microphone cartridge (Panasonic model, WM - 61A) with the sensitivity of  -30.0 dB (0 
dB = 1 V/Pa) with the standard operation voltage (9.0 volt) with the load impedance, 
10.0 k-ohm. Each microphone has a diameter of 6.0 mm and a height of 3.4 mm. The 
frequency response of each of these microphones is nearly flat (+/- 2 dB) for frequencies 












3.2 DATA ACQUISITION 
An eight-channel analog input data acquisition device (Model: PCI-4472, 
manufactured by National Instrument) was used to acquire microphone signals for the 
post processing. This data acquisition device (DAQ) has input channels with the 
maximum simultaneous sampling rate of 102.4 KS/s, 24-bit resolution, and multiple 
triggering modes including one external digital triggering. The simultaneous signal 
acquisition from all seven microphones using one DAQ card was used to prevent any 
potential time-delay mismatch. A LabView version 8.2 was used as the data acquisition 
software. Individual microphone calibration, and pre-filtering software were also 
developed in the LabView programming environment. The acquired signal data was then 
saved in the TXT format for subsequent post processing in MATLAB. Signal 
conditioning, filtering, the intensity, and the energy density calculations were also done 
in MATLAB.  
 
3.3 MICROPHONE SPACING DETERMINATION 
The spacing between a surrounding microphone and the center (reference) 
microphone has great impact on both the high-frequency and the low-frequency 
measurement errors. The finite-difference approximation error at high frequencies, and 
the phase mismatch error at low frequencies are greatly affected by the microphone 
spacing.  
The finite-difference approximation error affects both the mean pressure and the 
particle velocity calculations. Thus, it affects the overall intensity measurement, and 
subsequent parameter estimations. The finite-difference approximation error originates 
from the pressure estimation at the midpoint between the two microphones. In this 
estimation, the midpoint pressure is the average value of pressures measured at each 
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microphone in a two-microphone pair. The second error arises from the approximation, 
which estimates a pressure gradient at the midpoint of a two-microphone pair as the slope 














∂ , ,                    (3.1) 
 
where mP  is the pressure at one of the six microphones in the array, OP is the pressure at 
the  origin microphone, and morΔ is the effective distance between the center microphone 
and any of the six microphones in the probe. The “effective” distance is defined as the 
actual center-to-center distance between the two microphones.  Graphical depiction of the 







Figure 3.3: Mid-point pressure estimation, which causes the finite-difference 
approximation error in the mean pressure measurement. 
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The permissible frequency range for a specified spacing between the two microphones 
































log10                   (3.2) 
 
where λ is the wavelength, and ∆r is the effective distance between the two microphones. 
The term on the right hand side of the Equation 3.2 is the ratio of the two intensities, thus 
the (10 log10) is used to express the probe error in dB. Based on this equation, the impact 
of microphone spacing on the finite-difference approximation error for different 
frequencies is  shown in the Figure 3.4. This figure was used as a guide in selecting the 




































Figure 3.4: Impact of microphone spacing on the finite-difference approximation error in 
the intensity measurements (excluding other effects). 
 
It is seen in the above Figure that as a spacing between the two microphones increases, 
the probe error increases, and vice versa. For example, at 85 mm spacing the probe error 
at 1.0 kHz is -2 dB. At another extreme, the probe error is -0.5 dB at 7.0 kHz for the 
spacing of 6 mm between the microphones. So, to keep the probe error at a minimum, a 
small spacing between the microphones is desirable. Another factor that affects the probe 
error is the phase mismatch between the microphones. This error is also related to the 
spacing between the microphones.  The relationship between the microphone spacing and 
the probe error due to the phase mismatch between the microphones is discussed in the 




Another potential error that was considered while selecting the microphone 
spacing for each array is the phase mismatch between the microphones in the probe. The 
microphones in each array were placed in an equal distance from the center (origin) 
microphone.  Ideally, if these microphones are subject to a plane wave, then the phase 
differences among the microphones would be zero. From measurement standpoint, these 
phase differences are rarely zero, and can be termed as phase mismatch among the 
microphones. This phase mismatch error has the major effect in low frequencies where 
the signal wavelength is very large in compare to the spacing between the two 
microphones.   If the spacing between the microphones is very small, then the physical 
phase difference (due to the physical separation of the microphones from each other) 
could be masked by the phase mismatch error introduced by instrumentation. The phase 
error in the probe can be related to the phase mismatch in the microphones due to their 












α1log10phaseerror ,          (3.3) 
 
where  αΔ  is the phase mismatch introduced by the instrumentation, and φΔ  is the 
actual physical phase difference due to the physical separation of the two microphones. It 
can be seen in this above equation, if the physical phase difference is small compared to 
the instrumentation phase mismatch then the probe error will be large. So, to keep this 
error smaller for a fixed instrumentation, the physical phase difference needs to be large. 
The large physical phase difference can be achieved by increasing the spacing between 
the microphones. So, to keep the probe error due to the phase mismatch at a minimum, 
large microphone spacing is preferred.  Now, it is to be remembered that as the 
microphone spacing becomes large, so thus the finite-difference error. 
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In the intensity probe developed in this dissertation, the effective distance 
between the two microphones was selected to be 18 mm and 80 mm for the inner and the 
outer array, respectively. Since a small spacing between the two microphones causes a 
large phase mismatch error, and a large spacing causes bigger finite-difference 
approximation error at high frequencies, there was a tradeoff in selecting the microphone 
spacing to keep both the errors at a minimum.  The probe error related to the sensor 



























Figure 3.5: Probe error due to the finite-difference approximation dependent on the 
microphone spacing within the array. 
It can be seen in the above plot that the outer low-frequency array spacing has an error of 
about -2.0 dB at 1000 Hz, while the inner high-frequency array has an error of about -4.0 
dB at 6.5 kHz. This intrinsic error is considered large for the accurate measurements of 
different acoustical parameters, and needs to be minimized for the intensity calculations. 
Different microphone spacing for the different probe modes (high-frequency calibration, 
low-frequency calibration, and measurement) is listed in the Table 3.1. 
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Table 3.1: Microphone Effective spacing from the center microphone for the different 
probe modes. 
 
Probe Mode Effective distance from the center microphone (mm) 
  X-low Y-low Z-low X-high Y-high Z-high 
High-frequency 
calibration position Fixed Fixed Fixed 15 15 15 
Low-frequency 
calibration position 70.4 70.4 70.4 Fixed Fixed Fixed 
Measurement 















Figure 3.6 : A schematic showing horizontal spacing between the microphones in the 
calibrate position. 
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3.4 MICROPHONE CALIBRATION 
 
Microphone calibration is an important step in designing a reliable acoustic 
intensity measuring system. A good calibration technique uses a standard measuring 
system for repeatability. Several studies have addressed some critical issues related to the 
microphone calibration, and related system errors [2, 3, 4]. 
The sensitivity of the standard reference microphone used in the probe 
microphone calibration was itself being calibrated by using a standard reference sound 
source (QUEST ELECTRONICS model: QC-20 microphone calibrator), and a sound 
level meter. The calibrator produced a 1 kHz tone of 94 dB SPL (ref. to 20 μPa) for the 
standard reference microphone calibration. The calibration positions of the reference 
microphone are referenced in the Table 3.1, and shown in Figure 3.7. The calibrated 
standard reference microphone was then placed  inside an anechoic chamber to calibrate 
the origin microphone of the intensity probe. The calibrated origin microphone was then 
used for simultaneous calibration of the other microphones of the probe. The calibration 

























Figure 3.7: A schematic depicting microphone spacing with an adjustable center 
microphone in the measurement position, the high-frequency calibration 
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Chapter 4: Measurement Errors Analysis 
4.0 INHERENT SYSTEMATIC ERRORS IN THE PROBE 
There are two different techniques widely used in the measurement of the 
pressure and the particle velocity vectors in an intensity probe. One of them is the 
pressure-pressure (p-p) technique that uses two pressure sensitive transducers 
(microphones). The other one is pressure-particle velocity (p-v) technique that uses a 
pressure transducer (microphone) and a direct particle-velocity sensor. The particle-
velocity sensor uses the acoustic transduction principle, which is based on the convection 
of an ultrasonic beam by the audio-frequency particle flow [1]. A particle-velocity sensor 
is much more expensive than a pressure transducer (microphone). The overall complexity 
of a direct particle-velocity sensor implementation in an intensity probe out-weights 
potential benefits. So, I have chosen the p-p (pressure-pressure) technique over the p-v 
technique to develop the intensity probe in this report. 
Inherent systematic errors can be explained as errors from the imperfections of the 
probe design and construction, and not from the direct results of an intensity 
measurement technique. Inherent errors are functions of the wavefield under 
investigation, and of the orientation of microphones in the probe. So, a precise estimation 
of these errors in an arbitrary sound field can be very difficult, or nearly impossible. 
Several studies [1, 2, 3, 4] were done in the past using different idealized and well 
understood models of a sound field to estimate these errors.   
Inherent errors associated with the p-p technique used in the probe design, can be 
attributed the finite-difference approximations of the pressure and the particle velocity 
vectors. These errors are analyzed in reference to a spatial distribution of a sound field in 
the direction of the probe axis. These inherent errors can be quantified as the normalized 
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errors in pressure and particle velocity estimations. Pressure estimates is denoted as pe, 
where as ve is denoted as the particle velocity estimated. Normalized errors in the 
pressure, p and the particle velocity, v, estimates along the probe axis (microphone axis) 
due to the inaccuracies in the half distance between the two microphones are as follows 
[1] : 
 








































































,     (4.2) 
For the above errors analysis, a plane progressive sound wave model was used. For this 
sound field,  Equations 4.1, 4.2, and subsequent normalized errors associated with the 
intensity are given by the following equations [1]: 
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In the above equations, k is the wave number, and d is half of the distance between the 
two microphones. Superscript on p in Equation 4.1 and 4.2 indicates spatial derivatives of 
the pressures.  Normalized errors (for extreme case) for the pressure, particle velocity, 
and intensity at different fd (where f is the frequency), for both the inner and the outer 
arrays of the probe are plotted in  the Figure 4.1.  
 












































































Figure 4.1: Systematic p-p errors as a function of frequency (f) and separation distance 
(d): (a) pressure error (high-freq.); (b) pressure error (low-freq.); (c) particle 
velocity error (high-freq.); (d) particle velocity error (low-freq.); (e) 







In Figure 4.1, the plots on the left are for the high frequency array and the ones on 
the right are for the low-frequency array of the probe. For the high frequency array, the 
half of the effective spacing is 9 mm. At this spacing and at the frequency of 6.5 kHz, the 
normalized pressure error in air is  -6.0 dB,  the normalized particle velocity error is -1.5 
dB, and the normalized intensity error is -3.75 dB. Similarly, for the low-frequency array, 
the half of the effective spacing is 40 mm. At this spacing and at the frequency of 1.0 
kHz, the normalized errors for the pressure, particle velocity, and intensity are -2.6 dB, -
0.8 dB, and -1.65 dB, respectively. The large errors in the high-frequency plots can be 
attributed to the finite-difference approximation error discussed in the Chapter 3 of this 
report.  
The plots in Figure 4.1 were used as a guide to understand systematic errors 
introduced in the measurements due to the selection of a particular microphone spacing 
and the type of transducers chosen for the intensity probe design.  It is important to 
remember that these errors are the maximum potential errors that can be caused due to 
the change of spacing. If the spacing error between the microphones is zero, then these 











4.1 MICROPHONE CALIBRATION TECHNIQUES 
 
In this section, the center (origin) microphone was calibrated using a standard 
reference microphone. The calibration of the standard reference microphone was 
discussed in the Section 3.4. The effect of the diffractions and reflections on the center 
microphone is also analyzed in this section. Once the center microphone is calibrated, it 
was used as the reference microphone to simultaneously calibrate the three microphones 
of each array, separately. For the calibration of the array microphones in the anechoic 
chamber, it was assumed that if all the microphones are placed in the same plane and are 
subject to a plane wave, then all the microphones will have the same pressure amplitude, 
and their corresponding phase difference would be zero. In the anechoic chamber, a point 
source radiates spherical waves. If the distance of the probe is far enough from the 
source, then the microphones of  probe would experience a plane wave. This plane wave 
justification in the anechoic chamber is discussed in the following section.   
 
4.1.1 Plane wave justification in the anechoic chamber 
 
If the center of the probe and the center of the sound source are both in the same 
axis, and the distance from the center microphone to any of the surrounding microphones 
is small, then the arc of the spherical wave between the center and a surrounding 
microphone can be considered close to a straight line. This straight line approximation is 






Figure 4.2: A schematic of the plane wave justification of the spherical progressive wave.   
 
In the above schematic, r is the distance from the loudspeaker to the outer array 
microphone, R is the distance from the loudspeaker center to the center (origin) 
microphone, d is the effective distance (the distance between the center of the origin and 
one of the microphones in the array), and is perpendicular to the R. ∆r is the distance 
from the center of the surrounding microphone to the crossing point between the arc and 
the hypotenuse. The r forms the hypotenuse of the right triangle formed by  d, R, and r.   
So, for a given R and d, the r can be calculated as: 
 
22 Rdr += ,           (4.6) 
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Now, knowing R, given d, the effect of the plane wave assumption on the amplitude 
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Now, for measurements in the anechoic chamber, the distance between the source 
and the center (origin) microphone, R = 2 m, and the distance between the center and the 
surrounding microphone, d = 70 mm for the outer (low-frequency) array, and 15 mm for 
the inner array (high-frequency), respectively. Based on these parameters,  the amplitude 
deviation at the inner microphones is calculated (using equations 4.8, 4.9, and 4.10) to be 
0.0002 dB, and for the outer array is 0.005 dB. Now the effect of the plane wave 
justification on the phase deviation at 1 kHz is  1.2 degrees at the outer array microphone, 
and at 6.5 kHz the phase deviation is 0.38 degree at the inner array microphone. The 
average of the maximum phase deviation is 0.79 degree. The equation 4.11 is used to 
calculate the phase deviations at the arrays. These deviations are small and were 
neglected for the subsequent measurements in this report. A discussion of near-field and 
far-field from the source in relation to the wavelength and distance from the source are 
discussed in the Appendix C. 
 
4.1.2 The center (origin) microphone calibration 
 
The center (origin) microphone was calibrated using the standard reference 
microphone in the anechoic chamber. In this measurement, a 1 kHz sine wave of 84 dB 
SPL was used as the excitation signal. First, the standard reference microphone was 
placed in the anechoic chamber without the intensity probe. The sound pressure level in 
dB was recorded using a sound level meter. Then the intensity probe was placed inside 
the anechoic chamber. The center microphone was placed exactly at the same position as 
the standard reference microphone. The measured SPL of the center microphone was 
then adjusted to the SPL of  the standard reference microphone. Then the frequency 
response of the center microphone was calculated for the frequency range of 200 Hz to 
 37
7.0 kHz. Before the center microphone frequency response measurements, the frequency 
response of the two different sizes (3 inch and 6 inch) loudspeakers was calculated as a 
precaution, and to check any diffractions effects of the loudspeaker housing on the 
measurements. The frequency response of the two loudspeakers is plotted  in Figure 4.3 



























Figure 4.3: The comparison of the 3 inch loudspeaker frequency response using the 






























Figure 4.4: The comparison of the 6 inch loudspeaker frequency response using the 
standard reference microphone (red) and the center microphone (blue). 
 
The diffraction and reflection effects on the loudspeaker frequency response is overall 
random, but in some frequency regions the deviations were about 1 dB. It is to be noted 
that both the small and  the large loudspeakers were covered with sound absorbing 
materials (Fiber Glass) to minimize any potential effect due to diffractions off  the 
speaker housing.    
 
The frequency response of the center (origin) microphone using both the 3 inch 
and the 6 inch loudspeaker was measured. Then the overall frequency response was 
calculated by combining the responses from the two loudspeakers. The frequency 
response for these two cases is shown Figure 4.5 and 4.6.  
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Figure 4.5: Frequency response of the center (origin) microphone for both the small 
(red) and the large (green) loudspeaker  for  the frequency range of 200 Hz 
to 7.0 kHz. 
The response using the small speaker was about 5 dB (maximum) off from the 
mean at frequencies below 800 Hz. The response using the large speaker was about +/- 
1.0 dB from the mean for high frequencies (above around 3 kHz ). This observation 
verifies the known fact that the small size loudspeaker fairs well in generating high 































Figure 4.6 (a): The overall frequency response of the center (origin) microphone  for  the 
frequency range of 200 Hz to 7.0 kHz. The linear scale was used in the 
horizontal direction to even out the display of the response. 
 
From the Figure 4.6(a), the frequency response of the center (origin) microphone (linear 
frequency scale) is nearly flat (+/- 0.5 dB) for the frequency range of 200 Hz to 7.0 kHz. 
This frequency response is used to compare any diffractions and reflections effects of the 



























Figure 4.6 (b): The low frequency response of the center (origin) microphone. The log 
scale was used in the horizontal axis to clearly show the response at the low 











To understand and quantify diffraction and reflection effects on the center (origin) 
microphone due to the presence of the standard reference microphone and the probe 
structure, the probe was placed in the three different positions around the standard 
reference microphone in the anechoic chamber. First, the low-frequency array 
microphone of the probe was placed in the same plane as  the standard reference 
microphone along the perimeter of the array (Figure 4.7). In this setup, the microphones 
were facing directly the sound source where the probe structure can cause reflections. 
Second, the probe position was reversed and was facing the standard reference 
microphone (Figure 4.9) where the probe structure can cause diffractions.  Third, the 
probe origin microphone was placed in the same plane as the standard reference 
microphone but was facing perpendicular to the reference microphone axis (Figure 4.11). 
The frequency response of the center (origin) microphone for these three positions around 
the standard reference microphone are plotted and compared with the response of the 
center microphone calculated using only the reference microphone  in the Figures 4.8, 





Figure 4.7: The probe is placed in  the same plane as the standard reference microphone, 





























Figure 4.8: Frequency response of the center (origin) microphone (The probe is placed in  














Figure 4.9: The probe is placed in  the same plane as the standard reference microphone, 
but facing directly opposite to the loudspeaker. 
 
























Figure 4.10: Frequency response of the center (origin) microphone (The probe is placed 
in  the same plane as the standard reference microphone, but facing directly 




Figure 4.11: The probe is placed in  the same plane as the standard reference microphone, 
but facing perpendicular to standard reference microphone axis. 
























Figure 4.12: Frequency response of the center (origin) microphone (The standard 
reference microphone is placed in  the same plane as the outer array 
microphone but facing perpendicular to the microphone axis). 
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The frequency response plots of the center (origin) microphone in Figure 4.8, 
4.10, and 4.12 shows the diffraction and reflection effects due to the presence of the 
probe structure. The overall pattern of the deviation from the response without the probe 
is somewhat random, but varied +/- 0.5 dB over the frequency band. The presence of the 
standard reference microphone at different locations in relation to the probe did not make 
any coherent impact on the center (origin) microphone frequency response.  
 
A single tone (1 kHz) sine wave of 84 Db SPL was used to quantify the effects of 
the probe presence on the standard reference microphone SPL. The 1 kHz tone (sine 
wave) was later used to calculate the intensity and energy density for comparison with 
their corresponding ideal values.  Deviation in SPL measurements for the three probe 
positions around the reference microphone is listed in the following table: 
 
Table 4.1: A list of SPL deviations due to the presence of the probe in different positions 
in relation to the standard reference microphone. 
 
Probe Location Measured SPL (dB) Deviation (dB) 
  Next to Ref. Mic. 84.12 0.12 
  Opposite to Ref. Mic. 84.31 0.31 
Side of the Ref. Mic. 84.14 0.14 
 
From the above table, the average deviation in SPL measurements from the reference 
microphone due to the presence of the probe is 0.19 dB. This value is lower than +/- 0.5 
dB deviation over the desired frequency band (200 Hz – 6.5 kHz) shown in the previous 
plots (Figure 4.8, 4.10 and 4.12).   
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4.1.3 The surrounding microphones calibration 
 
The already calibrated center (origin) microphone is now used in calibrating the 
other microphones of the probe. All (three) microphones of the inner (or outer) array 
were placed in the same plane as the center microphone. In this configuration, each 
microphone of the array should experience the same sound pressure amplitude, and have 
zero phase difference between the microphones considering the microphones plane is 
perpendicular to the incoming plane wave direction. Thus, the three microphones of the 
probe can be calibrated simultaneously using the origin microphone. The other array of 
the probe was then calibrated similarly. This calibration method uses the plane wave 
justification made in the Subsection 4.1.1.  
As for measurements, 1 kHz sine wave of 84 dB SPL measured by the center 
(origin) microphone was used as the sound source. Then, the measured SPL from the 
three microphones (inner array or outer array) were adjusted to the center microphone 
SPL. Then a broadband random noise was used to calibrate the frequency response of the 
surrounding microphones of each of the two arrays. The magnitude and phase response of 
the center microphone was used as the reference values to calibrate the other microphone 
of the probe. Thus, each microphone of the probe was calibrated using the already 
calibrated center (origin) microphone. In the calibration procedure, even though the SPL 
for each microphone were adjusted with the SPL of the center microphone using a 1.0 
kHz sine wave, the sensitivity plots over the frequency range of each array shows a  very 
small deviation in SPL at 1.0 kHz among the microphone dues to random diffraction and 
reflections effects off the microphones and the supporting structure. Sensitivity and phase 
offsets of  the microphones before and after calibration for both the outer (low-frequency) 
array and the inner (high-frequency) are plotted in the following figures.  
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Figure 4.13: Sensitivity offset plots of the inner (high-frequency) array microphones 
(before calibration).  




























Figure 4.14: Sensitivity offset plots of the inner (high-frequency) array microphones 
(after calibration).  
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Figure 4.15: Phase offset plots of the inner (high-frequency) array microphones (before 
calibration).  























Figure 4.16: Phase offset plots of the inner (high-frequency) array microphones (after 
calibration).  
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Figure 4.17: Sensitivity offset plots of the outer (low-frequency) array microphones 
(before calibration).  



























Figure 4.18: Sensitivity offset plots of the outer (low-frequency) array microphones 
(after calibration).  
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Figure 4.19: Phase offset plots of the outer (low-frequency) array microphones (before 
calibration).  























Figure 4.20: Phase offset plots of the outer (low-frequency) array microphones (after 
calibration).  
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From Figure 4.14, the calibrated microphones of the inner array has overall 
sensitivity offset of +/- 0.3 dB for the frequency range of 200 Hz to 6.5 kHz. From Figure 
4.16, the overall phase offset for the same array is about +/- 0.6 degree. From Figure 
4.18, the calibrated microphones of the outer (low-frequency) array has overall sensitivity 
offset of +/- 1.0 dB for the frequency range of 200 Hz to 6.5 kHz. From Figure 4.20, the 
overall phase offset for the same array is about +/- 1.1 degrees. For the low-frequency 
array, the useful frequency range is from 200 Hz to 1.0 kHz. For the high-frequency 
array, the useful frequency range is from 1.0 kHz to 6.5 kHz. So, the sensitivity  and 
phase offsets outside their respective range were not considered for the measurements.  
The calibration has greatly improved both the sensitivity offset and phase offset for two 
arrays. 
 
4.1.4 Comparisons of the average pressure to the origin pressure for the different 
probe orientations 
 
In the measurement position, the microphones in the probe were adjusted to the 
measurement position as illustrated in Figure 3.7 and also referenced in Table 3.1. If the 
probe is placed in the anechoic chamber with its axis pointed toward the plane wave 
propagation direction, then the theoretical amplitude and phase offset measured from the 
surrounding microphones can be  related to the center microphone using the following 
relationships. Two different probe scenarios were considered. First, the probe was facing 
directly the incoming plane wave (Figure 4.21). Second, the probe was rotated in 180 
degrees in the horizontal direction, and was facing opposite to the incoming plane wave 
(Figure 4.22).  The theoretical values were first calculated and then compared with the 






Figure 4.21:  The probe is in the measurement position and facing directly the 
loudspeaker. 
In this position (Figure 4.21), the average sound pressure of the three microphones will 
be smaller than the Origin microphone for being further from the source. The average 
pressure of the outer array will be smaller than the average pressure of the inner array. 
The average pressures of the both arrays will be smaller than the Origin microphone. This 
relationship can be formulated as: 
 









 ,      (4.12) 
 
where  zlylxl PPP   and  ,  , are the pressure measured from the outer (low-frequency) array 
microphones; zhyhxh PPP   and  ,  ,  are the pressure measured from the inner (high-





Figure 4.22:  The probe is in the measurement position and facing opposite the 
loudspeaker. 
Similarly for the reversed microphone position, the relationship can be written as 
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It can be seen in the above table that the relationship in the Equation (4.13) is violated. It 
is due to the diffractions effects of the microphones and the supporting structures. 
Now, the phase differences due to the microphone horizontal spacing for the two cases 
(the probe facing directly and opposite of the sound source) is calculated and compared 
with the measured values in the following the Table. A 1000 Hz sine wave of 84 dB SPL 
was used for the measurements.  
 
Table 4.3: Calculated and measured phase difference due to microphone horizontal 









The measured values for the physical phase differences matched well with their 
corresponding theoretical values. Also, the polarity changes are due to the shift of the 
probe direction. These above tables and the Equations 4.12 and 4.13 are discussed here to 








4.2 SUMMARY OF THE CHAPTER 
 
Inherent systematic errors due to the imperfections in the probe design and 
construction was discussed. Potential normalized errors in the pressure, particle velocity, 
and intensity measurement due to changes in distance between the microphones were 
calculated and plotted in Figure 4.1. These plots were used as a reference in the design 
process. 
Microphone calibration techniques were then discussed. First the center 
microphone was calibrated using a standard reference microphone in the anechoic room. 
The justification of the plane wave in the anechoic chamber was established with 
formulas and calculations. Different aspects of  diffractions and reflections effects on the 
center microphone were analyzed by changing the probe location around the standard 
microphone. The overall effect of the diffractions on the microphone calibration was less 
than 0.5 dB.  Loudspeakers of two different sizes were used to measure frequency 
response of the center microphone. The calibrated center microphone was then used to 
calibrate microphones of each array of the probe. Sensitivity offset and phase offset both 
before and after calibration were plotted and compared for each microphone. The overall 
sensitivity offset was about 1.0 dB, and the phase offset was about 1.0 degree. These 
small offsets showed the effectiveness of the microphone calibration techniques used in 
the design of the probe. 
Then the probe microphones were adjusted in the measurement positions and 
were subject to an incoming plane wave. The amplitude and phase relations among the 
microphones  were calculated from the measured data, and compared to cement the plane 
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Chapter 5: Intensity and Energy Density Formulations 
 
5.0 INTENSITY CALCULATIONS 
 
Measuring acoustic intensity in the frequency-domain requires the knowledge of 
pressure amplitudes and their phase relations between the two microphones. Based on the 
Chung [2], Fahy [1], and Krishnappa [3], an expression for the acoustic intensity for a 
closely spaced microphone-pair in any given direction is given by, 
 
 








,                    (5.1) 
 
where the angular frequency fπω 2= ,  f  is the frequency. The cross-spectral density,  
 
( ) ( )yPfPD yxxy ∗= ,         (5.2) 
 
where ( )fPx  and ( )fPy  are the Fourier transforms of the two time-domain pressure 
signals sensed by the two microphones (the center microphone and one of the 
microphones along the axis of the coordinate system), ρ is the density of the medium, and 
rΔ  is the effective distance between the two sensing microphones. “ * ” in the above 
equation denotes the complex conjugate and can be shown that,  
 
( ) ( ) ( ) ( )[ ]∗∗∗ = fPfPfPfP xyyx  .       (5.3) 
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Now, the equations for x, y, and z components of intensity for the inner and the outer 
array can be written as followings: 
 










Im 0        (5.4) 
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Where lrΔ  and hrΔ are the effective microphone spacing between the two microphones in 
the outer array and the inner array, respectively.  Now, the low-frequency and the high-
frequency components of the intensity for each axis are combined to form the overall 
intensity components   for   frequencies   from   200 Hz  to  6.5  kHz. For the low-
frequency components, the frequency range is 200 Hz to 1.0 kHz. For the high-frequency 
components, the frequency range is 1.0 kHz to 6.5 kHz. 
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Im ,,0 ,  for   f = fl + df   to 6500 Hz                  (5.10) 
 
  


























1 ,,0,,0 ,  for fl – df < f < fl +df 
 
 
Where fl is the high end of the low-frequency range, while df is the length of a frequency 
band over which an averaging is done to smooth out the transition zone between the high-
frequency and the low-frequency components of the intensity vectors.  
In the above, cross-correlations between sound pressures of the two microphones 
(the center and along an axis) were used to calculate the sound intensity. Then the 
individual intensity vector components along the three axes were combined to form the 
total intensity. The total sound intensity at the probe center can be calculated from the 





5.1 ENERGY DENSITY CALCULATIONS 
Research in active noise control (ANC) systems led scientists to investigate the 
importance of different acoustic parameters in a representing sound field. Several 
research articles [4, 5, 6, 7, 8] have indicated that the total energy density measurements 
can be an effective tool for many ANC applications. Energy density is the measure of the 
total energy at a point in space. Acoustic energy density is the sum of the acoustic 
potential energy density and the acoustic kinetic energy density. It was concluded in 
Cook & Schade’s article [9] that the total energy density estimates an enclosed sound 
field better than that  of the potential energy density measurements alone.  
In the past, the acoustic energy density estimation was done in the time-domain 
with the time-averaged pressure and the particle velocity measurements using a two-
microphone sensor. An equivalent approach in the frequency-domain uses the weighted 
sum of auto-spectral densities of the pressure and the particle velocity. Like the intensity 
measurement, this approach is inherently one-dimensional in nature.   Ben Cazzolato [11] 
and others derived an expression for the time-averaged energy density estimates for a 
two-microphone system using a purely frequency-domain  expression [10, 11]. This 
frequency-domain expression suits well for the experiments and for the numerical 
calculations. Before discussing the frequency-domain expressions, analytical expressions 
for the instantaneous energy density in the time-domain are introduced. 
 
5.1.1 Time-domain Energy density expressions 
The instantaneous energy density at any given time in space is given by [12] 
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where ρ is the density, c is  the sound speed of the medium, ( )tv  is the magnitude of 
particle velocity vector along the three axes, and p(t) is the instantaneous sound pressure. 
An equivalent expression for the two-concentric array probe designed in this report can 
be written as, 
 
























,      (5.12) 
 
where ( )tvnl  and ( )tvnh  are the magnitude of particle velocity component for the low-
frequency and the high-frequency array, respectively. 
 The pressure is estimated using an average of the microphone pressures and can 










1)( ,       (5.13) 
 
where m is the number of microphones within the probe. The particle velocity 
components along the probe axes can be estimated using the finite-difference 
approximations of pressures between the two microphones as, 
 











1 ,     (5.14) 
 
where  ( )τ0p  is the pressure of the center microphone, ( )τnp is the pressure of a 
microphone along an axis, and rΔ is the effective distance between these two 
microphones. Now, substituting Equations 5.13 and 5.14 into the Equation 5.12 gives an 
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expression of the instantaneous acoustic energy density estimates in pressure for the 
seven-microphone probe designed in this report. The seven-microphone probe designed 
in this report consists of a two-concentric array with two different effective spacing 
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where  0p , nlp , and nhp are the center, outer-array and inner-array microphone pressure, 
respectively. This equation is used later in Chapter 6 to calculate the total energy density. 
 
5.1.2 Frequency-domain expressions 
Frequency-domain expressions for the total energy density are useful in 
applications where spectral content is an integral part of the measurements. Frequency-
domain expressions for the potential energy density and the kinetic energy density 
estimates were investigated by Elko [13], and later were corrected by Ghan et. al. [10]. In 
this subsection, expressions developed by Elko [13] and Cazzolato [11] are extended for 
this particular (seven-microphone two-concentric array) probe configuration. Using the 
Parseval’s theorem [14], the double-sided time-averaged acoustic energy density spectral 





























ω ,            (5.16) 
 
where ( )TP ,ω  and ( )TV ,ω  are the Fourier transforms of the acoustic pressure and the 
particle velocity between the two microphones, respectively. Subscripts on V  in the 
subsequent equations indicate components of the particle velocity along the three axes. In 
the frequency-domain, 
 
( ) ( ) ( )[ ]TPTPTP n ,,2
1, 0 ωωω +≈   and         (5.17) 
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Now, the Equation 5.16 can be rewritten as, 
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.     (5.20) 
 
In the above equation,  ( )ω
XX PP
R  is the double-sided auto-spectral density of Px, and is 
written as, 
 




R xxTPP XX ,,
1lim ωωω ,      (5.21) 
 
where E is the expected value over a finite number of samples. 
 
5.2 ENERGY DENSITY EQUATIONS FOR  THE SEVEN-MICROPHONE PROBE 
 
In terms of components of the particle velocity in the three axes (x, y, and z), the 
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Now, substituting the Equations 5.23, 5.24, 5.25, and 5.26 into the Equation 5.22, and 
reducing cross-correlations terms between any two axis, an expression for the double-
sided time-averaged acoustic energy spectral density estimates can be written as, 
 
( ) ( )
( ) ( ) ( )[ ]
( ) ( ) ( )[ ]. 11
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This derived frequency-domain formula for calculating the total energy density can be 
used in applications where spectral analysis of different acoustical parameters is 
necessary for the measurements. However, an application of this equation is the subject 
of the future work. 
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Chapter 6:   Probe Evaluation and Analysis 
 
6.0 CHAPTER OUTLINE 
 
The center (origin) microphone was first calibrated using a standard reference 
microphone. Then the calibrated center microphone was used to calibrate the other 
microphones of the probe. The calibration process was discussed in Chapter 4 of this 
report.  
In this Chapter, the particle velocity vectors were calculated using the pressure 
difference between the microphones and were compared with the ideal value (Table 6.1). 
The ideal value was determined using Equation 6.1, and the calculated value was 
determined using Equation 5.14. The intensity components using Equations 6.2 and 6.3 
were also calculated and compared (Table 6.2). Then the total energy density components 
were also calculated using Equations 6.4 and 5.15, and were also compared with each 
other (Table 6.3). Ideal and calculated acoustic impedance from the anechoic room 
measurements was also calculated and compared (Table 6.4). For all these measurements, 
the intensity probe was positioned in the measurement position and the probe axis (the 
support of the origin microphone) was aligned to the center of the sound source 
(loudspeaker).   Now, the effectiveness of the seven-microphone probe in measuring the 
sound intensity of a broadband (200 Hz – 6.5 kHz) sound field is quantified, by 
calculating the intensity at each array of the probe (using equation 5.10), and then 
compared it with the overall probe. The sound intensity calculated from the center 
(origin) microphone was used as the reference intensity.  
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To verify  the omnidirectional characteristic of  the intensity probe, directivity 
patterns of the probe intensity measurements for different single tone sine waves were 
plotted in X-Y, X-Z, and Y-Z plane (Figure 6.4, 6.5, and 6.6). Then the directivity 
patterns of intensity along different planes were compared with each other (Figure 6.7, 
6.8, and 6.9). A small loudspeaker with 2.0 kHz sine wave was used to estimate the 
source direction (azimuth and elevations angles) in reference to the probe. Deviations in 
source direction estimation from the reference (the probe) is plotted in Figure 6.11.  
The characteristics of a reverberation sound field were also analyzed using the 
intensity probe. Since in a reverberation room, the sound field is diffuse and intensity 
measurements require multiple microphones, the newly developed intensity probe was 
used for that purpose. The characterization of the reverberation field with a single 
microphone will be incomplete considering its inability to measure intensity in a diffuse 
sound field. This chapter is concluded with a discussion of the different measurements. 
 
6.1 ACOUSTICAL PARAMETER MEASUREMENTS 
 
In this section, the particle velocity, intensity, impedance and total energy density 
is calculated and compared with the determined corresponding ideal  values. 
 
6.1.1 Particle Velocity 
In this section, the particle velocity is calculated from the sound pressure 





=  ,          (6.1) 
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Where P is the measured sound pressure at each microphone, ρ is the density of the 
medium, and c is the sound speed at the measurement temperature. The calculated 
particle velocity from the Equation 6.1 is listed in the Table below as the Ideal value, 
while the calculated particle velocity from the Equation 5.14 is listed as the Calculated 
value in the same Table. At the measurement temperature (25ºC), ρ = 1.184 kg/m3 and c 
= 346.1 m/s. A 1.0 kHz sine wave was used as the source excitation signal. 
 




Ideal          
(m/s) 
Calculated     
(m/s) 
Deviation      
(m/s) 
X_Low 1.53E-03 1.62E-03 0.09E-03 
Y_Low 1.53E-03 1.40E-03 0.13E-03 
Z_Low 1.53E-03 1.60E-03 0.07E-03 
X_High 1.53E-03 1.58E-03 0.05E-03 
Y_High 1.53E-03 1.52E-03 0.01E-03 
Z_High 1.53E-03 1.54E-03 0.01E-03 
  
In the above Table, the differences between the ideal and calculated values among 
the microphones of each array, and even between the two arrays are very small. The 
velocity magnitude for each array can be determined by taking the square-root of the  
sum of the  squares of the three components with the probe axis pointing at the source. 
For the high-frequency array,  the particle velocity magnitude is 2.65E-03 m/s (ideal), 
and 2.67E-03 m/s (calculated). For the low-frequency array, the particle velocity 
magnitude is 2.65E-03 m/s (ideal), and 2.67E-03 m/s (calculated). The average deviation 
(average from all the microphones) from the ideal value is about 4 %.  
 72
6.1.2 Acoustic Intensity 
 
The time-averaged intensity was first calculated using ideal values of the sound 
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,                    (6.3) 
where P0 is the center microphone pressure, Pn is the pressure of any of the surrounding 
microphones, and ∆r is the effective distance between the two microphones.  
Table 6.2: Comparison between the Ideal and Calculated values of the Intensity 
components  (at 1.0 kHz sine wave). 
 
Component 
Ideal           
(W/m2) 
Calculated    
(W/m2) 
Deviation      
(W/m2) 
X_Low 9.61E-04 10.17E-04 0.56E-04 
Y_Low 9.62E-04 8.81E-04 0.81E-04 
Z_Low 9.64E-04 10.06E-04 0.32E-04 
X_High 9.62E-04 9.92E-04 0.30E-04 
Y_High 9.63E-04 9.55E-04 0.08E-04 
Z_High 9.66E-04 9.70E-04 0.04E-04 
 
From the above table, the total intensity magnitude for the high-frequency array is 
1.67E-03 W/m2 (ideal), and 1.68E-03 W/m2 (calculated).  For the low-frequency array, the 
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total intensity magnitude is 1.67E-03 W/m2 (ideal), and 1.68E-04 W/m2 (calculated). The 
average deviation (average from all the microphones) from the ideal value is 3.65 %.  
6.1.3 Total Energy density 
 
The time-averaged total energy density was first calculated using ideal values of 









PWtotal ,            (6.4) 
 
where P2 is the time averaged square pressure of the average of the all the microphones 
of the probe, and V is the vector velocity. The time-averaged total energy density was 
then calculated using the pressure gradient between the two microphones using the 
Equation 5.15. 
Table 6.3: Comparison between the Ideal and Calculated values of the Total Energy 
Density of the overall probe (at 1.0 kHz sine wave). 
 
N/m2 
Ideal Total Energy Density 8.31E‐06 
Calculated Total Energy Density 8.44E‐06 
Deviation 0.13E‐06 
 
Total energy density information is very useful in sound fields characterization than the 
individual energy density components of each microphone of the probe. The deviation 
between from the ideal value was about ~2 percent.  
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6.1.4 Acoustic Impedance 
Acoustic impedance is the ratio of the sound pressure and the particle velocity of 
a sound field at a point in space. Acoustic Impedance is a frequency dependent quantity, 
and vector natured since the particle velocity is a vector. The impedance component 
normal to the surface relates the sound pressure at the surface of a material body with its 
particle velocity vector component normal to the surface. The reflective and absorptive 
properties of a material can be measured from impedance measurements. The general 
equation for the acoustic impedance can be written as, 
 
V
PZ =  ,          (6.5) 
where  Z  is the magnitude of the acoustic impedance, V  is the magnitude of the 
particle velocity component, and P is the sound pressure.  
 
Table 6.4: Comparison between the Ideal and Calculated Acoustic Impedance values 









X_Low  410.26  387.47  22.79 
Y_Low  410.39  448.51  38.12 
Z_Low  410.78  392.82  17.94 
X_High  410.19  397.21  12.98 
Y_High  410.52  413.22  02.70 
Z_High  411.37  408.70  02.67 
The average deviation in impedance calculation from the ideal values was about 4 
percent.  
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6.2 PROBE PERFORMANCE IN THE INTENSITY MEASUREMENTS 
 
Now, the overall probe intensity as a function of frequency is calculated and 
compared with each of the two arrays of the probe. The intensity from the origin 
microphone was calculated using mean-squared pressure and was used as the reference 
intensity. The measurements were  done in the anechoic chamber using the small 
loudspeaker as the sound source. A broadband (200 Hz – 7.0 kHz) noise signal was used 
as the excitation source.  
 




























Figure 6.1: Total Intensity plots of the small loudspeaker from the Origin microphone 

































Figure 6.2: Total Intensity plots of the small loudspeaker from the Origin microphone 







































Figure 6.3: Total Intensity plots of the small loudspeaker of the overall probe (compared 
with the measured intensity of the Origin microphone). 
 
In the Figures 6.1, 6.2, and 6.3, the inner array, outer array, and the overall probe 
intensity were compared with the intensity measured from the origin (reference) 
microphone. The maximum deviation from the reference microphone intensity was +/- 
1.5 dB over the frequency range of 200 Hz to 6.5 kHz.  The overall probe intensity was 
calculated by combining the low-frequency components (200 Hz – 1.0 kHz) of the outer 
array, and the high frequency components (1.0 kHz – 6.5 kHz) of the inner array. The ~3 
dB oscillations resulted from diffractions off the small speaker enclosure.  
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6.3 DIRECTIVITY PATTERN OF THE PROBE 
To understand the directional characteristic of the probe, intensity levels were 
calculated at each plane. Three different (500 Hz, 2 kHz, and 4 kHz) single tone sine 
waves were used as the excitation signal for these measurements. To measure intensity in 
the reference X-Y plane (Figure D.9), the center microphone axis (reference Z-axis) of 
the probe was first aligned along the center of the sound source (loudspeaker). Then the 
probe was rotated around that axis  to cover the entire plane.  Measurements in the other 
two reference planes were made similarly by rotating the probe around the reference X 













































































Figure 6.6: Directivity patterns of the probe intensity (dB) (along the reference Y-Z 
plane). 
Difference in the intensity level among different frequencies was +/- 3 dB. The 
red arrow in the above figures (6.4, 6.5, and 6.6) indicates the source direction.  
Variations in the intensity measurements when the probe was facing opposite the sound 
was about +/- 1.5 dB in compare to the probe facing the sound source directly. This 
variation can be attributed to the diffractions effect of the microphones, and the 
supporting structures. Next, directivity patterns are compared among different axes at 



























Figure 6.7: Directivity patterns of the probe intensity (dB) at 500 Hz  (along the reference 





























Figure 6.8: Directivity patterns of the probe intensity (dB) at 2 kHz  (along the reference 




























Figure 6.9: Directivity patterns of the probe intensity (dB) at 4 kHz  (along the reference 
X - Y, Y - Z,  and  Z - X plane). 
 
Directivity patterns of the probe intensity at a single frequency along different plane were 
compared in Figures 6.7, 6.8, and 6.9 for 500 Hz, 2 kHz and 4 kHz sine wave, 
respectively. The average variations among different planes were less than +/- 1.0 dB.  
This variation can be related to the reflection and diffraction effects of the probe, the 
supporting structure, and the tripod used to mount the probe for measurements. Overall, 
the performance in the intensity measurement shows the omnidirectional nature of the 
probe. 
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Next, the z-axis of the probe was positioned perpendicular to the direction of the 
incoming plane waves. Thus, the x-y plane was parallel to the plane wave. Also, the x-
axis of the probe was pointed perpendicular to the direction of the center of the source. In 
this arrangement, the particle velocity directivity plot of the two microphones (the center 



















Figure 6.10: Velocity directivity plot in the x-direction of the probe using a 2 kHz sine 
wave (directions of the two microphones are shown by the two arrows). 
From Figure 6.10, the overall cardioid shape of the directivity plot of the velocity 
component in the x-direction was in general agreement with the theory. This observation 
bodes well with the plane wave response of the two microphones facing in the direction 
of the incoming plane waves.  
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6.4 SOUND SOURCE DIRECTION ESTIMATION 
 
In this section, a small (3-inch) loudspeaker with a 2 kHz sine wave is used for 
the source direction measurement using the intensity probe. Particle velocity vectors 
along the three axes and the overall particle velocity magnitude was used to calculate the 
azimuth and elevation angles of the source in relation to the probe. In these 
measurements, one of the probe axes was positioned perpendicular to the incoming plane 
wave (see Figure 3.2 for axis orientation). Since the microphones in that axis are in the 
same plane, the particle velocity measured from the sound pressures of the center and the 
one of the array microphones should ideally be zero. Now, the direction of the source in 
the plane comprised by the other two probe axes can be calculated as: 
 
























In the above diagram and in Equation 6.5, the z-axis of the probe is perpendicular and 
pointed to the center of the sound source, ө, is the angle between the source and the probe 
in the x-y plane, and |V| is the particle velocity magnitude. Subscript in V indicates 
particle velocity vectors in along different axis. The deviations in the angles from the 
measured position are shown in Table 6.5 From this table, the average deviation from the 
measured was about 4º ± 3º.    The 3º is the possible error in the geometrical measured 
angle due to inaccuracies of the probe rotation around the tripod.  
 
Table 6.5: Deviations (difference between the geometrical measured angle and acoustical 










83.7  6.3  0  6.3 
61.7  28.3  22.5  5.8 
47.1  42.9  45  2.1 
24.3  65.7  67.5  1.8 
6.35  83.65  90  6.35 
23.94  113.94  112.5  1.44 
42.6  132.6  135  2.4 
70.6  160.6  157.5  3.1 
83.46  173.46  180  6.54 
 
 
Deviations in the angle measurements can be improved by using a precision rotating 
device to rotate the probe from the initial location to the different positions.   
 
 87
6.5 CHARACTERIZATION OF A REVERBERATION SOUND FIELD 
 
Most practical sound measuring environments are considered reverberant. The 
concept of reverberation is more statistical than deterministic, and is little useful itself in 
most noise reduction and control applications [7, 8, 9]. In a reverberant sound field, there 
is a considerable fluctuation in sound pressures due to random superimposition of 
incident and reflected waves from the boundaries. In a diffuse sound field, measuring the 
sound intensity at a point using a single microphone with mean-squared pressure would 
present little useful information. The energy density is useful in reverberation room 
measurements. A multi-microphone intensity probe would be a better tool to characterize 
the direct field and to measure the energy density of the sound field. A proper 
understanding of a reverberant sound field is very useful in understanding the acoustic 
signature and the behavior of different sound sources in an enclosed space, and their 
effects on environments where measurements are taken.  
In a reverberant sound field, the direct radiated (free-field) sound pressure 
diminishes as one move farther away from the source. However, after a certain distance 
from the source, the reverberant sound field dominates the sound field.  The location of 
the transition point (zone) between the free-field and the reverberant field largely depends 
on the volume of the enclosed space and on the overall absorption properties of the 
materials enclosing the space [8].  The knowledge of the location of the transition zone in 
an enclosed space enables proper measurement of the sound level, sound intensity, and 
other key acoustic parameters. This concept is very useful in  noise control in a large 
room or in the office space environment where few noise sources (such as copier/fax 
machine, computer server, loud speaker, etc) are sparsely scattered  around the room. 
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This concept of sound pressure field in the reverberant space is illustrated in the Figure 
6.12. 
 
Figure 6.12:  A schematic of sound field in a reverberant enclosed space [8]. 
 
In a reverberant space, the mean-square sound pressure at any particular distance 












ρ θ  ,               (6.6)[8] 
 
where P2 is the mean-square pressure (unit: Pa2), W is the source acoustic power (unit: 
Watt), ρc is the characteristic impedance of  the medium (unit: MKS Rayls), θQ  is the 
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source directivity factor (unitless), r is the distance from the source (unit: m), and R is the 
room constant (unit: m2). 








SR ,         (6.7) 
 
where α is the average absorption coefficient of the material of the enclosed space, and S 
is the total surface area (unit: m2). The Equation 6.6 can also be written in a useful 











θ ,              (6.8)[8] 
 
where Lp is the sound pressure (unit: dB), and Lw is the source acoustic power level (unit: 
dB).  
 It can be said from Equations 6.6, 6.7, and 6.8 that the reverberation sound field 
is accounted for by the inclusion of the term 4/R, where R is the measure of the total 
absorption in the enclosed space. It can also be said that for a very large average 
absorption coefficient, α , the room constant R becomes very large. Thus, for a very 
large room constant, the sound field approaches the free-field conditions [8].  For better 
understanding, a numerical simulation was done, and the difference between sound 
pressure level and source acoustic power level were plotted for different room constants 
at varying distance from the source (Figure 6.13). Note that the sound pressure level 








































Figure 6.13: Chart to determine the sound pressure level at a distance r (0.2 m to 100 m) 
from the sound source for Qө of 8, with a varying room constant, R from 20 
to 100000 (simulation).  
 
6.5.1 Reverberation Chamber Measurements 
An experiment (Figure 6.14) to demonstrate the concept of sound fields in an 
enclosed reverberation space was performed in the reverberation chamber located in the 
Acoustic Research Laboratory at the University of Texas at Austin. Sound intensities 
were measured using the broadband intensity probe designed in this report. Sound 
pressure were measured by the origin microphone. Some key parameters used in the 
intensity level measurement in this experiment are shown in the  Table 6.6. An octave 
band noise centered around 1 kHz was used as the source excitation signal. 
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Table 6.6: A list of parameters used in the reverberation chamber measurements.  
 
Volume, V (m3) 260 
Total surface area, S (m2) 250 
Average absorption coefficient, α  0.0338 
Room constant, R (m2) 8.74 
Characteristic impedance, ρc (MKS Rayls) 413 
Source directivity factor, Qө 8 





Figure 6.14: A schematic of the source and the probe locations inside the reverberation 
chamber. 
 92
























Figure 6.15: Intensity level measured in the reverberation chamber with a stationary 
source and the moving probe along a straight line. 
From the above intensity plot (Figure 6.15), it can be said that the intensity level drops 
approximately logarithmic as we move the probe farther away from the source. The 
intensity decays toward the steady state system noise level. The intensity measurement 
defines the source even in the reverberant field. The theoretical transition point is 







θ ,          (6.9) 
 
From Equation 6.9, the distance of the transition point, r can be calculated by the known 
values of the room constant, R, and the source directivity factor, Qө.  The 1.2 m 
theoretical transition point was calculated using Equation 6.9 and Table 6.4. 
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Figure 6.16: Sound Pressure Level (SPL) of the reverberation sound field depicting 
different sound fields. The transition zone is around 1.5 +/- 0.25 m from the 
source. 
 
Although very few data points were recorded, the sound pressures plot of Figure 6.16 
indicates a transition distance at around 1.5 +/ 0.25 m.  In the free-field, the sound 
pressure level drop is inversely proportional the distance from the source. Beyond the 
transition zone,  the reverberant field dominates as the steady state noise approaches the 
diffuse reverberant field. The level of the steady state SPL depends on the volume of the 






In this chapter, particle velocity vectors for the different microphones were 
calculated and compared with ideal values. Then intensity level was also calculated and 
compared with the ideal values. Accuracy of these calculated quantities were within 4 
percent. Then total energy density was calculate for the overall probe and compared with 
the ideal value. The accuracy of the total energy density calculations were within 2 
percent of the ideal value. The accuracy of the acoustic impedance calculations were 
within 4 percent of the ideal value.  
Then intensity plots for the overall probe was plotted over the desired frequency 
range (200 Hz – 6.5 kHz) and compared with intensity level calculated from the center 
reference microphone. The maximum deviation of the calculated intensity from the 
reference intensity over the desired frequency range (200 Hz – 6.5 kHz) was +/- 1.5 dB. 
The random peaks and troughs in the intensity plots can be attributed to the  diffractions 
off the sound source (loudspeaker) enclosures.   
Directivity patterns were plotted using the intensity level measurements, and these 
plots confirms the omnidirectional nature of the probe with an error of +/- 1.5 dB.  
Diffraction and reflection effects due on the probe directivity due to the microphones and 
the supporting structure was negligible. Symmetry on both sides of the probe axis was 
observed (Figure 6.4, 6.5, 6.6, 6.7, 6.8, and 6.9). A 2 kHz sine wave was used in the 
anechoic chamber as the source of the sound source direction estimation measurements. 
From the Table 6.5, the average deviation error of the source direction from in relation to 
the probe in the x-y plane was about ~ 4º. 
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Then sound field in the reverberation room was characterized using the probe. 
SPL and intensity level were calculated by moving the probe away from the sound 
source. The transition zone between the free-field and reverberation field was in general 
agreement with theoretical calculations. The location of the exact transition point was not 
clear due to small number of measurements, but the overall concept of the sound field 
was  understandable from the plots (Figure 6.15 and 6.16). It can be concluded from the 
measurements and results discussed in this chapter that the newly developed probe can be 
used to measure key acoustic parameters (particle velocity, intensity, impedance, and 
energy densities), and can also be used in applications where the radiating pattern of a 
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The main motivation behind this dissertation research was to develop an 
acoustical probe system to measure key acoustical parameters that can be used for some 
practical applications. Specific goals were to measure the sound intensity level, total 
energy density, and directivity patterns of the probe  in a three-dimensional space. 
Accurate measurements of these key parameters are very useful in acoustic noise control 
and improving the sound quality of various sources in different environments. 
Two-microphone intensity probe systems, and related parameter measurement 
techniques have been available for decades. The main limitation and the possible source 
of errors of these systems and techniques lie in measuring the inherent three-dimensional 
parameters with one-dimensional measurements. Even though some techniques 
physically scan around the source for the three-dimensional coverage, the need of extra 
hardware and resources put constraints on many applications. In the recent decades, 
several three-dimensional intensity measuring systems have been developed. These 
systems use multiple microphones (sensors) in different array configurations for various 
applications. Some limitations of these systems become very apparent when the sound 
source has a broad frequency range (200 Hz – 6.5 kHz). At this frequency range, the 
finite-difference error, and the phase mismatch error adds inaccuracy to the 
measurements. Some of the systems address this issue by adjusting the distance and/or 
changing  the microphones arrangement within the probe. This extra step in the 
measurement adds inconvenience and in some cases measurements may not be feasible. 
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The intensity probe system designed and tested in this report eliminates this narrowband 
constraint by combining the two different arrays in the same probe. This new design also 
resolves the finite-difference and the phase mismatch errors associated with the 
broadband measurements. 
A seven-microphone two-concentric array three-dimensional probe design was 
considered in this report. The outer array covers the low-frequency (200Hz – 1.0 kHz) 
components while the inner array covers the high-frequency (1.0 kHz – 6.5 kHz) 
components of the sound field. Each array consists of three microphones and forms a 
tetrahedron with the center microphone. Each microphone in the array is arranged along 
the three axes with one microphone located at the origin. The center reference 
microphone lies at the origin of the coordinate system. The screw adjustable center 
microphone was used to calibrate the other microphones of the probe, and to calculate the 
average pressure and the pressure difference between the two microphones. The average 
and differential pressure estimates were then used to calculate the particle velocity and 
the intensity vectors. Each microphone used in this probe is an Electret condenser 
microphone with a flat (+/- 2 dB) magnitude response in the frequency range of 200 Hz 
to 7 kHz.  
Microphones and the overall probe calibration techniques and procedures were 
important in designing the intensity probe. In the calibration process, the center (origin) 
microphone of the probe was first calibrated using a standard reference microphone in the 
anechoic chamber. It was assumed that if the probe is placed far from the sound source in 
an anechoic room, then all the microphones in the same plane would experience 
incoming plane waves of the same amplitude. The merit of this assumption was justified 
with measurements. After the center (origin) microphone was calibrated, microphones of 
each of the two arrays were calibrated simultaneously.   The diffraction and reflection 
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effects due to the probe supporting structures and the other microphones  were also 
investigated in this report. 
Theories and mathematical formulas for calculating the intensity, potential energy 
density, and kinetic energy density vectors for the seven-microphone probe were 
extended from the formulas developed for the four-microphone tetrahedron configuration 
described by Cazzolato et. al. [1].  
Different measurements in the anechoic chamber were made to evaluate the probe 
performance. The overall frequency response of the probe was calculated by combining 
the low-frequency (200Hz – 1.0 kHz) and the high-frequency (1.0 kHz – 6.5 kHz) 
responses of the outer and the inner array, respectively. The transition zone was set 
between the high-end of the low-frequency cutoff and the low-end of the high-frequency 
cutoff. The bandwidth of the transition zone was 200 Hz (from 900 Hz to 1.1 kHz).  
Results of the intensity level measurements of the overall probe showed 
significant improvements over either the outer or the inner array measurements, 
separately. The overall calculated intensity of the probe was +/- 1.5 dB within the 
reference value calculated using the center (origin) microphone. 
The characterization of sound fields in a reverberation room, and identification of 
a source direction in an anechoic chamber were two applications where the newly 
developed three-dimensional intensity probe was used. Results of the different 
measurements in the anechoic room showed effectiveness of the probe as a tool to 
measure key acoustical properties in most practical environments. The scope of the future 





7.1 FUTURE WORK 
 
Though results of the different measurements showed improved performance of 
the newly designed probe over the narrowband probes, the commercial use of this probe 
as it is will require a fine tuning in different aspects of the probe, and the signal 
processing software. Fluctuations in the microphones sensitivity; inherent measurement 
and signal processing noises; imperfections in the mechanical design of the probe; and 
improvements in the calibration techniques are some open areas that can be considered in 
the future. 
Commercial grade condenser microphones with built in preamplifier can be 
expensive but can eliminate the need of the analog interface circuit. Characteristics and 
specifications of the probe calibration environment (anechoic chamber) itself can be 
checked if more precise calibration is required. The reflection and diffraction effects of 
the probe’s supporting structure on the intensity measurements were investigated, and 
corrections were made in this report. A topic of future research would be to compare this 
intensity probe against other commercial probes of similar nature. Analytical expressions 
used in computing the three-dimensional intensity vectors, and potential energy densities 
in this paper can be compared with other methods.  
Source localization applications using an intensity probe and other microphone 
arrays have been explored over the last two decades [2, 3, 4, 5, 6]. Improvements in the 
software and hardware will be necessary to use this probe in the real-time applications. 
Identification and characterization of noise sources in the automotive interior; and 
recording acoustic signatures of the different automotive modules (engines, muffler, 
exhaust, braking system, etc) can be done with the intensity probe designed in this report 
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Appendix A: Measurement Units 
 
In this report, acoustical quantities such as the sound pressure, intensity, and 
power levels were measured in the decibel (dB) unit. Decibels are the ratio of the 













IL log10 , 
 





















PL log20 , 
 
where Lp is the sound pressure level in dB, P is the sound pressure (unit: Pascal), and 
 
Pascals 20μ=refP . 
 
This level approximates the threshold of the human hearing at 1 kHz tone. 
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Appendix B: Systematic Error Analysis 
 
The pressures estimates, Pe at the midpoint between the two microphone centers, 
can be written using the Taylor series approximation as 
  





+++= tpdtpdtptp ive       (B.1) 
 
 
In the above equation p(t) is the approximation of  the pressure between the two 
microphones,  d is the half distance between the two microphones, and the rest is the 
cos(d) to the higher order. Superscripts on the p(t) indicates the spatial derivatives. p(t) 
can be written as, 
  
( ) ( )[ ]tptptp 212
1)( +≈               (B.2) 
 
Now , the p(t) term in the equation B.1 is taken on the left side. So, the equation B.1 can 
rewritten as, 
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Now, dividing both sides of the equation B. 3 by p(t) gives this following equation: 
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This equation (B.4) is the normalized error in the pressure estimates (as referred in the 
Chapter 4, equation 4.1) except the time dependence is omitted from the left side of the 
equation 4.1. 
Now, the normalized errors in particle velocity vector estimates are discussed 
below:  
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In the two above equations, v(t) is the approximations of the particle velocity, while ve(t) 
is the estimates of the particle velocity. Now, using equations  B.5 and B.6, 
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Now, with some algebra and ( ) ( ) ( )
d
ppp τττ 21 −=′ , the Equation B.7 can be rewritten as, 
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This above equation is same as the  equation 4.2 in the Chapter 4 of the dissertation. The 
capital “ T” in the upper limit of the integration in the denominator of the equation 4.2  
signifies that the upper limit of the two integrations is not necessarily the same.  “ T ” is 
the time interval up to time T where as “ t ” could be the entire measurement length.   
 
For the equation 4.3, 4.4, and 4.5 of the Chapter 4, the  plane progressive wave model 















          (B.9) 
 
Now, the Equation B.9 can used in the Equation B.4 and B.8, the result are the Equation 
4.3 and 4.4 of the Chapter 4. The equation 4.5 of the Chapter 4 is also derived from the 
Equations 4.3 and 4.4.  The derivation of the Equation 4.5 and other equations (4.1, 4.2, 






Appendix C: Near-field and far-field 
 
As discussed in the section 4.1.1 in the context of plane wave justification in the 
anechoic chamber, the intensity probe was placed 2m from the loudspeaker (sound 
source). In general, up to one wavelength distance from the source is considered near-
field. For the measurements made in the anechoic chamber, the probe was placed 2 
meters from the sound source and it was in the far-field position with respect to the 
source. The distance of one wavelength at 200 Hz, and the sound speed of 346.1 m/s is 
1.73 meters. The distance is smaller than the 2 meters distance of the probe location from 
the source. In the plane wave case, the term kr (k is the wave number, and r is the 







where λ is the wavelength, and r is the distance of the probe from the sound source. For a 
probe distance of 2 meters, the kr  at 200 Hz, 1.0 kHz, and 6.5 kHz  are calculated to be 
7.26, 36.31, and 236.05, respectively. The center (origin) microphones were calibrated at 
1 kHz. At this frequency (kr = 36.31), the systematic error in the probe intensity 





Appendix D: Relevant Illustrations 
 
 


















Figure D.5: Sound source (Large loudspeaker) covered with a sound absorptive material. 
 
Figure D.6: Sound source (small loudspeaker) covered with a sound absorptive material 









Figure D.8: Manufacturer provided frequency response plot of the standard reference 










Figure D.9: A schematic of the reference coordinate system (upper case bold) and probe 
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